The three critical factors for providing stable directional performance for typical microphone arrays used in hearing aids include the relative sensitivity and phase between the microphones in addition to the placement of the hearing instrument behind the user's ear. A directional system is robust if these factors can operate over a wide range of levels without degrading the directional performance. In this study, dual dipole microphones were arranged symmetrically around an omnidirectional microphone such that all inlets were collinear. Compared to an endfire array, whether it be a delay-and-sum or Blumlein configuration, this dual-dipole-omni array is remarkably more robust, yielding very little degradation in the Directivity Index for the aforementioned critical factors varying as much as +/-3dB, +/-30 microseconds, and the directional axis of the hearing instrument varying +/-20 degrees on the ear.
BACKGROUND
Directional microphone arrays have been used in hearing aids since the 1970's and have been clinically proven to be the most effective way to improve speech intelligibility in noise. The most common directional array in hearing aids utilizes two closely-spaced, omnidirectional microphones in a delay-and-sum configuration. An older, though less common, configuration is a simple Blumlein (BL) mix utilizing a differential microphone spaced closely with an omnidirectional microphone. A third configuration, introduced here in this paper as a dual dipole omni (DDO) array utilizes two differential mics spaced closely and symmetrically around an omni microphone. Design of Experiments (DOE) methods are used to show how this third configuration is the most robust for directional performance when worn in situ.
Genichi Taguchi was a pioneer in the modern quality manufacturing movement following the Second World War. He, along with other prominent statisticians, realized that although excessive variation was the root cause of poor manufacturing quality, chasing individual items in and out of specification was counterproductive. It was more cost effective to design a system whose performance (i.e., response) did not change with variations (i.e., levels) in the design inputs (i.e., factors). He called it 'robust' design and published books outlining the many case studies he performed using Design of Experiments (DOE) methods in various engineering disciplines. The 1953 case study involving the Ina Seito Tile manufacturer in Japan has been highly publicized.
DIRECTIONAL ROBUSTNESS
In the case of directional hearing aids, the important factors for high performance include the sensitivity and phase matching of the microphones due to environmental drift, and also the in situ placement on the pinna as related to acoustical scattering from the head and torso. Over the average life (4 years) of a hearing aid, these factors can easily drift +3dB and +30microseconds, respectively. In addition, a dispensing audiologist can fit the hearing aid in situ on the pinna such that the directional angle of the microphone array is +10° referenced to the horizon, though in practice it is more common to see hearing aids fit with the directional axis 30° above the horizon. The responses that characterize the directional performance of the hearing aid include the directivity index (DI), which is the ratio of the freefield on-axis (target) sound power to the isotropic noise, and the Unidirectional Index (UI) which is the ratio of the isotropic noise of the front hemisphere (target) to the rear hemisphere (noise). It should be noted that there are other important factors in the design of directional systems such as aperture distance and white noise gain; the white noise gain is improved by 6dB for every doubling of aperture distance. Unfortunately, we don't have the luxury of large apertures in hearing aids. The widest commercial aperture is typically 14mm, found in the largest standard devices fit behind the ear, and the smallest aperture is about 5mm, found in custom devices fit in the ear canal. For this study, an aperture distance of approximately 10mm was chosen for the endfire and Blumlein arrays, and 8.5mm as dictated by the mechanical design constraints of stacking the three microphone array. It should be noted that all three arrays can be engineered to have commensurate white noise gain.
DIRECTIONAL MICROPHONE ARRAYS
Dual omnis are commonly used in delay-and-sum hearing aid configurations; the rear microphone output signal is inverted in polarity, delayed in time, and summed with the front output to produce any of the classic freefield polar patterns. Zero microseconds of delay produces a dipole pattern, sometimes referred to as a figure-eight or bidirectional. For 1cm spacing as shown in Figure 1 , ten microseconds produces a hypercardioid, seventeen microseconds produces a supercardioid, and twenty-nine microseconds a cardioid. It should be noted that although the angle of maximum sensitivity response (MRA) can flip along the directional axis, it cannot be steered to any other angle. In this study, additional acoustical conduits (not shown) created an outer aperture of 1cm for the dual omni endfire array. Blumlein arrays are less common in hearing aids. In textbooks, the ideal location for the omni inlet is directly between the dipole inlets. Mechanical design implications for actual microphones makes this difficult, as shown in Figure 2 , and so we simply position the omni inlet next to the front inlet of the dipole such that it shares the same acoustical conduit (not shown). In this study, the additional acoustical conduits created an outer aperture of 1cm. With Blumlein, the outputs of the two mics are summed to produce any of the classic freefield polar patterns: equal omni-to-dipole sums produce a cardioid, 37% omni to 63% dipole produces a supercardioid, and 25% omni to 75% dipole produces the hypercardioid. Again, the MRA can flip along the directional axis but cannot be steered to any other angle.
FIGURE 2. Blumlein Mix.
The dual dipole omni (DDO) array is constructed by arranging two dipoles symmetrically about a central omni such that all five inlets are collinear along a directional axis. Given the typical dimensions of hearing aid microphones, this allowed the three microphones to be stacked for an outer aperture distance (inlets 1 and 5) of 8.5mm and an inner aperture distance (inlets 2 and 4) of 2mm. Though the DDO array has five inlets, there are only three microphone output signals. In order to achieve a DI of 9.5dB, the dipoles are treated as a delay-and-sum (as described earlier) and their output is then summed with the central omni output. For the dimensions described, and using (mono)di-pole models, this translates on paper to a 7microsecond time delay for the rear dipole, and an ever so slight (yet important) summation with an omni signal attenuated by -48dB. This assumes that the dipoles are perfectly bidirectional. If not, they have to be perfectly imperfect bidirectionals, which is to say, they have the same polar pattern. For those skilled in the art, all other first-order and second-order freefield polar patterns can be realized by mixing these three mics and delaying them to various degrees. For planar wavefronts impinging on a directional endfire array, the maximum response angle is aligned along the directional axis and can point to either 0° or 180° -nothing else. The time delay mismatch can steer the null angle and adjust the relative strengths of the main and rear lobes as they implode in on one another like a water balloon, but the MRA can only flip between 0° and 180°. When this array is placed in situ on one side, the MRA shifts to approximately 40° and 220° in azimuth, depending on the frequency, due to acoustical scattering from the head and torso. If an identical array is placed in situ on the other side, the perceptual sum for isotropic noise is 0°, i.e., on the forehead. If, however, the endfire array is improved to produce a narrower main lobe, the Directivity Index at the MRA will get higher, but the Directivity Index on axis will get smaller -simply because the on-axis sensitivity is reduced -and higher-order arrays would consequently be penalized if they're benchmarked with the DI on axis. For this reason, the DI at the MRA is used in this study as the DOE response rather than the on-axis DI.
The binaural sum can be computed by taking the magnitude of the L/R complex sum or by taking sum of the L/R magnitudes -these are the mathematical options. Depending on frequency, the former produces a few tenths increase in the DI whereas the latter produces a 3dB increase, as compared to one-sided data. Although it is not known which mathematical approach correlates to the perceived SNR for a hearing aid user in isotropic noise, improving the DI at the MRA equally in both the L/R devices presumably will produce a binaural sum with improved SNR for targets on axis. Thus, we will focus in this study on the directional performance of one hearing aid placed in situ.
FREEFIELD DIRECTIONAL DEGRADATION DUE TO MICROPHONE DRIFT
In the past, the effect of microphone drift mismatch on a freefield polar pattern was studied by varying one factor at a time (OFAT). For plane wave incidence, consider in Figure 4 the freefield DI degradation for the case where the sensitivity mismatch due to drift occurs while the phase mismatch is constant, and vice versa. In order to degrade the DI by 2dB, the amount of sensitivity mismatch is dependent on frequency whereas the time-delay mismatch due to drift is constant. Nevertheless, it generally can be seen that sensitivity mismatch smudges the depth of the null while phase (time-delay) mismatch shifts the angle of the null, thereby causing the main lobe to implode on itself with only moderate values of time-delay mismatch.
In setting up the DOE for the DDO, sensitivity and time-delay mismatch was referenced to the central omni mic thus giving four mismatch quantities; namely, the Front-to-Omni mismatch and the Rear-to-Omni mismatch. Any Front-to-Rear mismatch would show up as an interaction in the ANOVA of the DOE. Taking ratios of input factors is a common method to simplify the problem, reduce the number of runs, and avoid the need for a transformation of the resulting response data.
DOE is a more revealing process than OFAT for studying the physical system because all factors vary simultaneously over their respective levels. In addition, ANOVA is used on the output response to create, in many cases, a quadratic function that predicts the output response based on the input factors and their interactions. This is more useful than Monte-Carlo analysis because ANOVA can also be used to prioritize which factors are the most important in predicting the output response, thereby providing the most effective strategy for design optimization. The microphone arrays were integrated into a standard behind the ear hearing aid, and each of the three aids was measured at 1° resolution along the azimuthal plane in freefield. At 2kHz, the relative sensitivity and time-delays were computed to produce a hypercardioid (DI=6dB) for both the dual omni endfire and Blumlein arrays, and an approximate second order cardioid (DI=7.3dB) for the DDO array. These sensitivities and time-delays were used as the baseline values for the DOE, i.e., the drift mismatch in the twenty DOE runs was applied in addition to these values. The standard aids were then positioned in a fixture located behind the pinna of a measurement manikin (KEMAR). The acrylic fixture was constructed through stereo lithography and was gradated to tilt the directional axis of the microphone array to any of the angles relative to the horizon. Thus, each device was optimized in freefield, placed in situ, and then the effect of drift was studied in the context of acoustical scattering from the head and torso.
DATA ACQUISITION
The data were acquired by placing the hearing aids in situ on a measurement manikin and measuring the impulse responses of each microphone, which includes the head and torso related transfer functions. The KEMAR manikin wore a sweater, and a single ring was used to adjust its neck length. A loudspeaker was incrementally positioned at 10° resolution along the surface of a 1 meter radius sphere circumscribing the (center of the) measurement manikin's head. Although ANSI S3.35 requires 48 loudspeaker locations for measuring the directivity index, 614 were used here. The process was automated and the higher resolution allowed us to visualize polar patterns in very fine spatial resolution. For the dual omni and Blumlein arrays containing two mics each, 7,368 impulse responses were acquired for all three positions on the pinna and for DOE replicates. For the DDO array, 11,052 impulse responses were measured.
DESIGN OF EXPERIMENTS (DOE)
The DOE setup was based on a simple central composite design (CCD) using three factors; center points were chosen to detect curvature in the response surface and lack of fit in the predicted estimates within the design space. The standard error of the predicted estimates at a given point in the design space is reflective of the design only, not of the response data. In general, this graph should have relatively low standard error (<1) across the region of interest, and has less precision at the outer edges and corners. The type of CCD chosen in this study was an Optimal Response Surface in which twenty runs were determined by allowing the sensitivity mismatch to vary over thirteen levels, i.e., +3dB in 0.5dB increments. The time-delay mismatch varied over seven levels, i.e., +30μsec in 10μsec increments, and the directional axis angle varied over three levels, i.e., +10° referenced to the horizon, in 10° increments. In the twenty individual runs, there were replicates, i.e., the directional data were acquired twice at each position on the pinna; when a repeated run was specified, the second data set was used, thereby allowing systematic measurement error to enter into the ANOVA computations for experimental noise.
In all experiments and for all responses, the response surface equation was very accurate at predicting the output responses actual response values. The Blumlein and DDO experiments required quadratic response surfaces to predict both the DI and UI, whereas the dual omni experiment only required a simple linear response surface equation to predict both the DI and UI. For example, the dual omni response surface equation was simply DI = 6.58 
RESULTS
The DOE results are summarized in Figures 6-10. In each overlay plot, the in situ output responses at 2kHz are plotted over the levels of two factors for a fixed directional axis of -5°, the optimal angle as predicted by response surface. The yellow color was chosen to show those levels yielding a DI > 6.5dB and a UI > 5dB. Basically, the more yellow over the design space, the more robust the directional performance.
In Figure 6 , the in situ output of a dual omni endfire array are plotted at a fixed directional axis of -5°, the optimal angle as predicted by response surface. The contours are linear, and reveal that the UI is the primary limiting response and the DI is the secondary. The array is somewhat immune to sensitivity mismatch and performs best for positive time delays, i.e., time delays that effectively increase the aperture distance. There is also a slight benefit in operating the rear microphone slightly lower in sensitivity than the front. In Figure 7 , the in situ output responses of a Blumlein array are plotted at a fixed directional axis of -5°, the optimal angle as predicted by response surface. The yellow color was chosen to show those levels yielding a DI > 7.5dB and a UI > 5dB. The contours reveal that the DI is the primary limiting response and the UI is the secondary. The array is somewhat immune to time-delay as long as the omni microphone operates 1.5dB below the optimized freefield conditions. It is clearly more robust than the dual omni endfire array.
In Figure 11 , almost all values of mismatch produce a DI > 7.5dB. Performance is robust for time delays which drift together, i.e., positive F/O or R/O time delay mismatch. For humidity-induced drift mismatch on electret mics where the mylar diaphragm is expanding due to hydroscopic expansion, it is very plausible that the two dipoles drift together, and measured data has been acquired to validate this. 
CONCLUSIONS
Response surface optimization at 2kHz based on a simple DOE CCD shows that a dual omni endfire array optimized in freefield and then placed in situ produced directional performance that is somewhat immune to +3dB sensitivity mismatch as long as the rear microphone time delay effectively increases the aperture distance. A Blumlein array optimized under the same process produced directional performance that is somewhat immune to +30μsec time-delay mismatch as long as the omni sensitivity is 1.5dB less than the dipole sensitivity. A newly introduced DDO array optimized in freefield to give a second order cardioid and then placed in situ produced directional performance that was effectively insensitive to +3dB and +30μsec of mismatch drift between the front dipole and omni, and also between the rear dipole and omni.
